Abstract-This paper presents the performance evaluation of 3G mobile networks for one kind of multimedia application called Voice over IP (VoIP) within Bangkok, the capital city of Thailand, using Line and Skype, two popular VoIP applications. This study used evaluation of voice quality provided by both applications. The tests have been conducted using stationary scenarios over 5 major 3G mobile networks, served by 5 operators, within 14 universities in the inner city of Bangkok in order to gather data of degraded speech files. Then, the data was measured using Perceptual Evaluation of Speech Quality (PESQ) to find Mean Opinion Score (MOS) before analyzing with ANOVA and T-test, which are statistical tools, so that the discussion and conclusion can be eventually derived.
I. INTRODUCTION
Nowadays, mobile networks have become major parts of the telecommunication infrastructure, particularly for fast internet access using High Speed Packet Access (HSPA), Evolved High Speed Packet Access (HSPA+) and Long Term Evolution technology (LTE) [1] . In Thailand, studies have been conducted looking at the impact of 3G mobile network investment on economic growth and investments [2] . Its result shows that 3G mobile network investment dramatically affects Thailand's economic growth. An increasing amount of investment along with early initiation of the investment could actually boost up the number of mobile phone and wireless internet users, leading to higher employment rate and GDP.
In Thailand, 3G deployment was delayed for about a decade after Japan [3] . The 3G frequency band of 2.1 GHz auction was successfully completed in Oct 2012, before officially launching by AIS, DTAC and TrueMove in May 2013. After 3G mobile networks were officially launched, it has been reported that the number of mobile subscribers reached over 100.2 million numbers in Q3/2014, whereas the Thai population is about 65-66 million people approximately [4] .
However, because of high competition in the telecommunication market in Thailand, some 3G mobile operators advertise and present slightly exaggerate claims that their 3G mobile networks are better than other operators. Therefore, in order to know the facts about the performances of each 3G mobile network provided by each operator, it is necessary to evaluate those networks with fairness. Therefore, this independent study has been intensively conducted without hidden agenda or bias about those operators.
To evaluate 3G mobile networks, it is necessary to investigate all areas not only good voice quality but also quality of service for data traffic expected to be received by users from the modern 3G mobile networks. Therefore, VoIP applications, for example LINE and Skype, are interesting options because VoIP technology is the combination of voice communications and data communications. That means VoIP applications can be used to evaluate both voice and data parts of 3G mobile network. Besides, social applications, for example LINE, are very popular for Thai users at present, recently 27 million users approximately (the first is Japan, 52 million users), updated in September 2014 [5] . This paper, which is an applied version of [6] [7] , has been organized into 5 sections. After this section, background information is presented in Section 2. Section 3 presents methodology about applying Skype and LINE, two popular VoIP applications to evaluate 3G mobile networks in Bangkok, Thailand. Speech samples were been played and captured at the destination end-point before processing for scores of voice quality, called MOS, using PESQ. Eventually, the results were analyzed using ANOVA and t-test in Section 4 before finally presenting conclusion in Section 5. This section presents the background information about 3G mobile networks in Thailand, related VoIP applications, quality of service and quality of experience, VoIP quality measurement, hypothesis tests and related research works, as follows:
II. BACKGROUND and LINE based-on Stationary Tests in

A. Current Mobile Networks in Thailand: 3G
Currently, 3G is the official mobile networks in Thailand whereas 4G is only the trial networks available in a few areas of Bangkok and cities, such as Hua Hin, Pattaya, Phuket and Samui, [8] . 3G mobile network is the standard of mobile networks that use the Universal Mobile Telecommunications System (UMTS) or the International Mobile Telecommunications 2000 ( IMT-2000) that was issued by the International Telecommunication Union (ITU) and Third Generation Partnership Project (3GPP) in 2001. The motivation for 3G evolution came from the growing demand for network services such as VoIP, web browsing, video telephony, and video streaming, with constraints on delays and bandwidth requirements [9] . Namely, it is the third generation of mobile networks that can support important features beyond 2G mobile network as shown in Fig. 1 [10]. Fundamentally, 3G topology is a tree topology. As shown in Fig. 2 [6] , the 3G network mainly consists of [11] [12] [13] [14] [15] :
-User Equipment (UE): this is a device used by a user to access network services. The UE is divided into Mobile Equipment (ME), which is manufactured by vendors, and the Universal Subscriber (USIM) that contains, for example, the permanent identity of the user, the shared secret key for authentication Identity Module. -Base Station (BS): it is usually called Node-B. It is connected with the radio network controller and UE. Of course, it has the capability for both transmission and reception. It is responsible for allocating the channel and radio resources to interact with UE. Also, its functions cover error detection and correction, modulation and handover management -Radio Network Controller (RNC): it performs various tasks and controls all radio resources. Each RNC is allocated between the serving GRPS support node and the mobile switching center. It is responsible for call admission control, radio resource management, data transmission, radio bearer setup and release, code allocation, power control, packet scheduling, Radio Network Subsystem (RNS) allocation to handover control, encryption, protocol conversion and ATM switching. -Serving GRPS Support Node (SGSN): it is to support the packet switched network. It is responsible for routing the incoming and outgoing packet data from and to GPRS user via radio access network. Also, it is responsible for user authentication, user location update, data encryption and decryption, establishment, This has been described in [16] , in order to provide higher traffic of packets, 3GPP proposed High Speed Downlink Packet Access (HSDPA) and High Speed Uplink Packet Access (HSUPA) to improve the data rates. HSDPA (defined in 3GPP release 5) and HSUPA (defined in 3GPP release 6) are an evolution of Wideband Code Division Multiple Access technology (WCDMA) [17] . HSUPA scheduling is many-to-one, whereas HSDPA scheduling is a one-to-many [18] . HSUPA increases the practical maximum data rates from 384 kbps of WCDMA uplink to several Mbps in new 3GPP releases. The combination of HSDPA and HSUPA lead to the development of the technology referred to as HSPA or 3.5G informally [19] . However, it has been reported in [17] 
C. Quality of Service and Quality of Experience
Quality of service (QoS) is an important factor for a heterogeneous network in terms of managing the resource reservation scheme. QoS is effective in improving the overall performance of the network. The term communication arise when data flows between sender and receiver while there is reliable magnitude of packet loss, jitter, delay and data rate for proper guarantees of QoS. It is essential particularly for real time applications such as VoIP and video streaming, [31] .
Quality of Experience (QoE) is different from Quality of Service (QoS). It targets the point of view that a user builds after using applications, services, systems, networks and/or products [32] . The International Telecommunication Union -Telecommunication Standardization Sector (ITU-T) defined the definition of Table 2 [33] [34] [35] . QoE is a measure of the overall level of customer satisfaction with a service [36] . Therefore, for VoIP services/applications, QoE is about the point of view of user, as in Fig. 4 [37] . Therefore, it may be described that to measure QoE of VoIP, it must be assessed from user satisfaction subjectively or assessed from the point of view of users with accurate tools.
D. VoIP Quality Measurement: PESQ
Basically, to evaluate voice quality, it can be performed using subjective tests with a 5-point scale. Each subject must listen to speech sentences in a controlled environment (e.g. a soundproof room) and rate scores. Then the scores from all subjects in each condition (e.g. 24-30 subjects) are calculated for Mean Opinion Score (MOS). However, there are several issues about limitations to conduct formal subjective voice quality evaluation following ITU-T standard [38] , for example, requirement of a lot of subjects or participants with balancing numbers of male and female subjects, at least one sound proof room (e.g. reverberation time is less than 300 ms and the room noise is 30 dBA) and requirement of time and effort.
Therefore, objective -voice quality measurement seems to be a better option to find MOS by using special tools that have been recommended by ITU-T. For objective quality measurement, there are two approaches, consisting of intrusive and non-intrusive quality measurements. For intrusive quality measurements, there are several methods, however, Perceptual Evaluation of Speech Quality (PESQ) is the most popular intrusive quality measurement using full reference algorithm when compared to the others [39] . Its performance is very good. It has been reported that the average correlation between PESQ scores and the subjective scores is > 0.95 [40] , which is consistent with the correlation of 0.9433, comparing to subjective MOS, as presented in [41] . As shown its concept in Fig. 5 , there are mainly three processes [39] . The first process is signaling preprocessing, which includes input signal frequency and time alignment. Next process is perceptual modeling. This step focuses on the input and output transformation understandable by human representations. The mapping in the time and frequency domain and a signal filtering for the bandwidth typical of the telephone network are also included in this step. The last process is cognitive modeling. In this step, the values that represent noise computation are evaluated, and then combined to the MOS score calculation. A difference between reference signal and distorted signal is calculated. A positive difference indicates the presence of noise, while a negative difference indicates a minimum noise presence such as codec distortion. This model permits the discovery of time jitter and identification of frames involved and which frames are affected by the delay and erased to prevent a bad score.
The output from PESQ is called MOS-LQO, which is Mean Opinion Score from predicting the voice quality for a listening test using an objective measurement method [42] . It is equivalent to MOS from the subjective listening tests. Based-on a 5-point scale [38] [39] , if the degraded speech file is very similar to the original speech file, MOS-LQO is high (e.g. over 4.0). If there is high distortion in the degraded speech file, MOS-LQO is low (e.g. lower than 2.5), while MOS of 3.6 is often mentioned as a limit for minimum acceptable quality of voice communication services because it means only some users were dissatisfied, as in Table 3 [43] [44] . However, MOS-LQO is inferred to equivalent to MOS-CQE, which is a kind of voice quality metric, called estimated mean opinion score for the conversational situation [44] . Table 2 
. Comparison of QoS and QoE
QoS QoE
The collective effect of service performances, which determine the degree of satisfaction of a user of the service.
The overall acceptability of an application or service, as perceived subjectively by the end-user. However, QoE includes the complete end-to-end system effects, while overall acceptability may be influenced by user expectations and context. 
E. Hypothesis Tests: ANOVA and t-test
A hypothesis test is a type of statistical inference. It uses the data from a sample to decide between a null hypothesis (H0), which makes a specific claim about the parameters, and an alternative hypothesis (H1), which describes that the null hypothesis is false, for example: It has been described in [37] that it is necessary to determine the p-value from the gathered data in order to accept or reject H0. If the p-value is lower than the significance level, H0 is rejected and H1 is accepted. On the other hand, if the p-value is higher than the significance level (it is 0.05 with 95% confidence interval in general guides), H0 is accepted. Therefore, the significance level is the breakpoint to accept or reject the null hypothesis. Two important statistical tools are ANOVA and t-test. ANOVA is used
F. Related Research Works
Related works are classified into three topics, consisting of research on VoIP performance and/or preference provided by social network applications (e.g. Skype), research using PESQ and research on mobile networks (e.g. 3G). For social applications or social network services with VoIP features, not only Skype which has been mainly studied particularly in last decade but also other social applications and services, as follows: 1) Lisha and Junzhou [45] reported that VoIP quality of Skype, with the GIPS iSAC codec, is good but no significant difference when compared to MSN Messenger was found. 2) Sat and Wah [46] Besides, they show that leveraging path diversity under changing environments is a promising solution for more reliable and efficient TCP transfer, and also identify issues in using multipath TCP that can limit performance. 9) PCWorld [52] showed the report after comparing 3G/4G wireless speeds among the service providers in 13 cities such as cities--Atlanta, Boston, Chicago, Dallas, Denver, Las Vegas, Los Angeles, New Orleans, New York, San Francisco, San Jose, Seattle, and Washington, D.C.--across USA, in April 2012, it has been found that Tmobile is the best (both downlink and uplink speeds), whereas AT&T is the best for downlink speed and Verizon is the best for uplink speed as shown in Fig. 6 [52]. 10) OpenSignal [53] reported comparison of US LTE performance in April 2014 that T-Mobile provides the best performance with download speed of 11.5 Mbps. However, there was no comparison of significant difference when compared to other LTE operators. 11) In the study of quality assessment in 3G/4G wireless networks by Poncela et al. [54] , one of the findings was about the relation between data speeds and MOS. Using 3G mobile networks, MOS was about 3 when the speeds were about 360-384 kbps, whereas MOS was about 2 only when the speeds were only 180 kbps. 12) In September 2013, the National Broadcasting and Telecommunications Commission (NBTC) reported the quality of services study in 3G mobile networks in Bangkok using drive tests [55] . According to one of the key performance indicators as shown in Fig. 7 [55] , NBTC concluded that AIS, which is the main player in [57] . It has been discovered that voice traffics may not be encrypted in six of the ten applications. Besides, video telephony study was presented by Xu et al. [58] . From this work, it has been observed that Google+ and Skype are better than iChat in terms of clock recognition probabilities, particularly bursty loss cases, whereas Google+ shows better performance than Skype in the case of 2-4% busrty losses. Moreover, based-on the same condition, average one-way video delay of Google+ (~ 370 ms) is obviously lower than Skype (~ 790 ms). However, these two works did not consider the performance of networks that may impact voice quality. 
III. EXPERIMENT DESIGN, DATA GATHERING AND PESQ MEASURING
Like the Black box concept, Skype and LINE function as a black box, while each 3G network is the major input and MOS values are the outputs. The experiment was designed to conduct calls from Skype's and LINE's free call function on two computers with air cards (they function as User Equipment (UE)), using stationary or static scenarios, excluding mobile scenarios or drive tests [51, 59] . The type of access network is the Radio Network Sub-system (RNS). In order to focus on voice quality, in this experiment, video function was disabled while the experiments were being conducted.
For 3G mobile network operators, there are five major players in Thailand, consisting of AIS, DTAC, TrueMove, TOT and CAT. All 3G mobile networks were connected using air card and SIM cards. Instead of using smart phones, two computers were used because of data gathering techniques.
Because of using PESQ, speech samples were required. The first speech set was selected speech samples from the Thai Speech Set for Telephonometry (TSST) that was developed based-on ITU-T recommendations [61] . The second set was the American English speech samples from the ITU-T website [62] .
Within the second half February 2014, fourteen experiments were conducted at 14 universities in Bangkok (see Fig. 8 ), a day per university. Those universities are as follows: In each day, the experiments were conducted with all 3G mobile networks. Via each network, Skype and LINE were tested with four Thai speech samples (2 male and 2 female) and four American English speech samples (2 male and 2 female). Both computers represent two endusers, communicating within the same base station. While each speech sample was playing at the calling side, the degraded speech was recoding at the destination side at the same time. Nevertheless, before testing with each network, the speed tests were also checked with www.speedtest.or.th.
After gathering 8 degraded Thai speech samples and 8 degraded English speech samples from each free call from Skype or LINE via each network, both reference and degraded speech samples were measured using PESQ at the VoIP Laboratory (KMUTT), see Fig. 9 [9] . 
IV. RESULTS, ANALYSIS AND DISCUSSION
A. Speed Test Results
The results were gathered from speed tests of over 120 evaluations per 3G mobile network over 14 days (9:00am -6:00pm approximately), consisting of downlink and uplink data (totally about 1,300 records). For downlink speeds (see Fig. 10 (a) which is very important for general users, it has been found that TOT provides the maximum downlink speed of Internet at about 3.33 Mbps with standard deviation (SD) of about 1.55 Mbps. Also, it can be obviously seen from Fig. 10(a) that in second place is TrueMove with speeds of over 2.7 Mbps (SD  1.34 Mbps). The third and fourth place are CAT and AIS with speeds of about 1.86 Mbps (SD  1.23 Mbps) and 1.76 Mbps (SD  0.85 Mbps) respectively, whereas the last place is DTAC with speed of 1.22 Mbps (SD  1.14 Mbps).
However, for uplink speeds, the results are consistent with the downlink for the first place, the second place and the last place with speeds of about 1.05 Mbps (SD  338 Kbps) Mbps, 895 Kbps (SD  187 Kbps ) and 675 Kbps (SD  311 Kbps) respectively.
Unlike the downlink, as shown in Fig. 10(b) , the uplink speed provided by AIS is slightly better than CAT, with speeds of 843 Kbps (SD  286 Kbps) and 704 Kbps (SD  216 Kbps). After considering the amount of data from each 3G mobile network, it has been found that TrueMove has the most coverage areas with number of data records (N) =140. That means speed tests can be successfully completed in each university. While AIS and DTAC have less coverage areas with N =126 and 124 respectively.
B. VoIP Quality Test Results and Analysis
As shown in Table 4 , it can be seen that only TrueMove and CAT can gather data without loss, N = 112, whereas DTAC and AIS have problems about network coverage, particularly when using Skype.
For MOS-LQO, testing LINE with American English speech files is the first condition, DTAC is the best for providing VoIP quality, its MOS-LQO is 3.83. However, in the other conditions, consisting of testing LINE with Thai speech files, Skype with American English speech files, and Skype with Thai speech files, TOT is the best with MOS-LQO of 3.94, 3.83 and 4.05 respectively.
It can be seen obviously in Fig. 11 . For the second, it is not easy to identify because TrueMove and CAT are almost the same in every condition. For the last pair, DTAC provides better VoIP quality than AIS when tested with LINE, whereas AIS provides better VoIP quality than DTAC when tested with Skype, both American English and Thai. For standard deviation (SD) of MOS-LQO, it can be observed that LINE seems to provide better stability that Skype. LINE's SD is 0.40-0.67 but Skype's SD is about 0.43-0.88. Besides, the lower number of samples from Skype when compared to LINE in the same conditions might be a result of unknown condition of Skype service infrastructure (e.g. the efficiency of supernodes to route calls between originating and answering hosts [25] [26] , which should be extended to study in the future.
Then, the statistical analysis was conducted for the test condition over 3G mobile networks. To investigate that the best 3G mobile network at the studied period trends to provide better VoIP quality than other 3G mobile networks with significant difference when they are Table 4 Table 5 , it has been found from H1 using ANOVA that there is significant differences among all 3G mobile networks. Thus, each pair of 3Gmobile networks was investigated deeply to find significant differences. For H2, which is the comparison between AIS and DTAC, it has been found that only the p-value from the evaluation using LINE with English speech is less than 0.05 (p-value<0.001), while the other three conditions show p-values of >0.05. Therefore, this is evidence that 3G mobile network by DTAC trends to be insignificantly better than the AIS network.
For H3, H4, and H5, they are AIS versus TrueMove, AIS versus TOT and AIS versus CAT respectively, it can be seen that at least 3 conditions from each pair of comparison, for example, from evaluation using LINE with both English and Thai speech, show p-values of <0.05. Thus, it can be claimed that there are significant differences when comparing 3G mobile networks by AIS with TrueMove, TOT and CAT networks.
For H6, which is a comparison between DTAC and True, it has been found that there is no significant deference with tests using LINE but there are significant differences when tested with Skype. However, when comparing DTAC with TOT using H7, it can be claimed that there are significant differences because three fourth conditions show p-values of >0.05. Comparing DTAC with CAT, H8, found significant differences in two conditions, LINE with Thai and Skype with English (pvalues <0.5) but there is no significant difference from LINE with English and Skype with Thai (p-values > 0.5). Therefore, H8 might be re-studied in the future.
For H9, H10 and H11, which are TrueMove versus TOT, TrueMove versus CAT and TOT versus CAT respectively, it can be seen that at least 3 conditions from each pair of comparison, for example, from the evaluation using LINE and Skype with English speech, show p-values of >0.05. That means there is no significant difference when comparing 3G mobile networks by TOT with TrueMove and CAT networks. However, from H9, it can be seen that the p-value of 0.049 when tested using LINE with Thai speech. It means this hypothesis is rejected, which might be wrong because of Type I error. Therefore, H9 might be also investigated deeper in the future.
From the hypothesis test results, 3G mobile networks in Bangkok, Thailand can be classified into 2 groups, as shown in Table 6 , consisting of the first group; TOT, TrueMove and CAT (MOS ≈ 3.72-4.05), and the second group; DTAC and AIS (MOS ≈ 3.47-3.83). It has been discovered that the second group of 3G mobile networks tends to be less stabile than the first group and also covered the test areas less than the first group.
C. Discussion
There are several issues to be discussed in this section as follows: 1) For one contribution of this study, it has applied QoE knowledge using VoIP quality evaluation technique to the real world of 3G mobile networks and social applications/networks. Also, it has applied statistical analysis using ANOVA and ttest for deriving conclusions from the experimentation based-on field tests. 2) In this study, although speed rates from 3G network operators that have been assessed from the field tests are not parts of network impairment factors for VoIP, it is a clue that might be used for decision making about 3G network selection by users because they can conduct speed tests by themselves easily, instead of finding packet delay, packet loss and jitter. However, according to the maximum data speed rate of 42 Mbps from each operator as mention in Section 2.1, it can be considered that the number of the highest average speed result of about 3.3 Mbps is very low. It is inconsistent with the theoretical speed rate of 42 Mbps from 3G with HSPA+ obviously (over 10 times). Moreover, the highest speed rate from this study is lower than the maximum speed rate from 3G with HSPA that has been used in the first era of 3G about 10 years ago. This might be from the capacity of the access channel provided by each operator and/or depends on business reasons. 3) Based-on MOS of 3.6, as shown in Table 3 that is often used as a baseline for minimum acceptable quality of voice communications, it has been found that LINE provides MOS of over 3.6 in most conditions, except testing over AIS 3G network with both Thai and English speech. Whereas, Skype provides MOS over 3.6 in most conditions, except testing with English speech over AIS and DTAC 3G networks. 4) From Fig. 9 , focusing on the downlink speed from the best to worst, which are TOT (3329 Kbps) TrueMove (2709 Kbps), CAT (1863 Kbps), AIS (1758 Kbps) and DTAC (1222 Kbps). TOT 3G mobile network provides the best download speed even though it has the highest standard deviation (SD=1549 Kbps) that is consistent with the results in Section 4.2, it also tends to provide the best VoIP quality when used with LINE and Skype. However, when compared to TrueMove and CAT, although TOT shows better downlink speed than TrueMove and CAT 3G mobile networks and TrueMove shows better downlink speed than CAT, no significant difference about VoIP quality among these three 3G mobile networks were found (TOT does not tend to provide better VoIP quality than TrueMove and CAT with significant differences, whereas TrueMove does not tend to provide better VoIP quality than CAT with significant differences as well, see H9, H10 and H11 in Table 5 ). [56] that found the best 3G mobile networks is AIS.
6) Based-on the analyzed results from Table 5 , and the classification in Table 6 , it might be recommended to Thai users who prefer high VoIP quality from social applications to use Skype over 3G networks provided by TOT, TrueMove or CAT. However, for users who use 3G network service from DTAC that provide the lowest downlink and uplink speed rates, they should use LINE to ensure that they obtain the acceptable level of voice quality with MOS of at least 3.6. 7) Although the data in this study was intensively gathered from field tests around the inner city of Bangkok, it is necessary to repeat this kind of study every 6 months or every year because each 3G network operator competes with other operators to provide good quality of their 3G network. That means if AIS and DTAC improve or upgrade their 3G systems and networks, their 3G networks might provide better performance than TOT, TrueMove and CAT to support multimedia applications and service, including VoIP from social applications. This paper presents the alternative method to evaluate 3G network using a voice quality evaluation technique that is a part of QoE evaluation. Of course, the result from this kind of study is useful for 3G consumers or users in Thailand because the data has been gathered from field tests that are real so that they can choose an appropriate 3G network for their usage, whereas the regulator in Thailand may only consider 3G network quality control. Thus, this study can be an example for 3G network evaluation using QoE concept in other countries. After intensively gathering a lot of speech files, over 2,000 degraded files, using field tests around the inner city of Bangkok and then processing by PESQ to obtain VoIP quality values called MOS-LQO, which could be applied as a key performance index for 3G mobile network performance evaluation, it has been found that the TOT 3G mobile network tends to provide better performance than other 3G mobile networks, particularly when tested with VoIP applications and realtime applications. The TOT 3G mobile network is slightly better than TrueMove, whereas TrueMove is slightly better than CAT, which is consistent with the speed test result. However, when analyzed using t-test, it has been found that there was no significant difference among the three of them. When comparing TOT, TrueMove and CAT to AIS and DTAC, it has been found that the first group tends to provide better VoIP quality than the second group with significant differences.
This study focused on the part of voice only, video telephony using the same applications and others should be conducted as future work, to investigate deeper the performance of those 3G mobile networks to support IP multimedia applications and services. Moreover, QoS evaluation, mobility characteristics (e.g. handovers and usages on high speed vehicles) and important factors (e.g. smart phone antenna gain and smart phone computation resources) should be considered in the future works. Furthermore, 4G/LTE technology that will used in Thailand within few years (the auction is going to be conducted by the end of 2015), will also be considered for study. Besides, this study should be repeated at least once a year, due to development and improvement of each 3G mobile network and operator.
